For enhancing the perceived quality of a sound played in a closed room, the methods of room impulse response equalization are used. For a better control of late echoes, new approaches, such as temporal masking, exploit the properties of the human auditory system. In order to allow the listener to move freely even in a small area, a whole volume has to be equalized. Traditional methods require a measurement of a huge amount of impulse responses in this volume. In this work we propose a method which allows for a greatly reduced measurement effort. Here, we employ a dynamic method for measurement of impulse responses using just one moving microphone. The reconstructed impulse responses are used to perform equalization and a simple interpolating technique allows for a equalization at the position of the listener, who can freely move inside the measured volume.
INTRODUCTION
In typical hands free communication systems, sounds are played using loudspeakers. In a closed room, the added reverberation, as described by the room impulse response (RIR), usually results in a degraded perceived quality. In order to combat this problem, the played sound can be prefiltered in a way, that the global impulse response (GIR, the convolution of the prefilter and the RIR) has no audible influence on the signal [1] .
Early approaches try to minimize a distance of the GIR to a shifted dirac pulse or, more general, a bandpass in a quadratic sense [2, 3] . Although these methods are successful in minimizing the unwanted parts of the GIR, the audible results are not satisfactory due to perceived late echoes. Therefore, in recent works, the properties of the human auditory system had been taken into account. The aim there is to create a prefilter which is not an inverse of the RIR, but will just render the echos inaudible. This relaxed requirement with the use of the average temporal masking curve [4] has been This work has been supported by the German Research Foundation under Grants No. ME 1170/8-1 and ME 1170/10-1.
very successful [5] . For a better control of the late echoes the method has been modified to use a p-norm based criterion instead of the quadratic term. There are more extensions for this approach; for example, an explicit control of the frequency domain [6] .
Unfortunately, when aiming for a hassle-free hands free communication, these approaches are not sufficient. Small movements of the listener result in a changed RIR and the performance of the setup degrades [7] . For a more spatially robust method, different approaches have been proposed. The algorithms can be generally sorted into two classes. One approach is to use the multi-position method. Here, with the knowledge of multiple RIRs inside the listening area, the prefilters are designed to equalize multiple points in space [8, 9] . When the sampling points suffice the time-space sampling theorem [9] (i. e. are dense enough), the whole volume is equalized. In order to get satisfactory results for bigger volumes, multiple loudspeakers have to be used. There are serious drawbacks with this MIMO approach, as it requires us to measure all the RIRs from all loudspeakers to all positions in the listening area. The practical implementation of these measurements is very time consuming and may even require a calibrated array of microphones and is not feasible for any real-world application. The needed calculations are also very demanding. A CUDA implementation on graphics cards has been proposed in [10] . The other approach is to model additional errors in the optimization and adding regularizers [8, 11] . In [12] , a method has been proposed to generate hypothetical RIRs instead of measured ones. These approaches are a trade-off, as the extended equalized volume comes at the cost of a worse performance at the center point.
In this work we propose a new approach to achieve reshaping in a whole volume. Instead of estimating the RIRs independently, we employ a dynamic measurement for the whole listening area using moving microphones. The method proposed in [13, 14] uses perfect sequences and allows almost arbitrary trajectories in the listening area. With spatial interpolation [15] the recovery of a dense grid of RIRs is possible. Even in the simplest case with one loudspeaker and one microphone this method allows for a very fast estimation of the sought RIRs, which can be used to calculate the equalizers.
The paper is organized as follows. In the next section the basics of the dynamic sampling procedure will be discussed. Then, in Section 3, an equalization method will be revised. In Section 4, results of the simulations will be shown. Finally, some conclusions will be given in Section 5.
DYNAMIC MEASUREMENT OF RIRS
For the description of the spatio-temporal sound field in the listening area, the plenacoustic function (PAF) has been introduced in [15] . Without loss of generality, with a fixed source at a position the PAF becomes the spatio-temporal RIR p(r, n) = c(r, n) with r being the position in the 3D space [13] . The traditional method of obtaining c(r, n) is a dense sampling on a equidistant grid
with some position r 0 , the sampling intervals Δ ξ in the three dimensions, and g ∈ Z. According to the Nyquist-Shannon sampling theorem, for a sampling frequency f c , the temporal condition f s > 2f c , and the spatial condition
with c 0 being the speed of sound has to be fulfilled. For practical cases this requires a huge effort. When using a single microphone, these points have to be sampled successively which requires a lot of time. When using an array of microphones, this time can be reduced, but usually at the cost of microphone calibration and possibly higher effort for a precise repositioning of the array. In [13] an alternative method using moving microphones has been proposed. Here, one source at a fixed position emits a signal s(n), which is recorded by a microphone moving in the listening area. The trajectory can be arbitrary, as long as it covers the whole area, and has to be known or recorded during the procedure. Note that an extension for the use of an array of moving microphones is simple and allows for a trade-off between calibration costs and measurement time.
In Fig. 1 a sketch of such a scenario in a 2D case is shown. Here, the reference point r 0 is in the upper left corner. The grid size is 5 × 5. The microphone is moved on a Lissajous trajectory which covers the area defined by the grid. The use of the Lissajous trajectory has some advantages, as it has a mostly constant velocity and covers the area in almost uniform manner, being only little more dense on the edges. In practice, however, a handheld microphone with position tracking can be used instead.
The recorded signal x(n) is a convolution of the source signal with the RIR c(g, n) at the position g of the microphone at time point n. Alternatively, with an interpolation function ϕ(r(n), r g ) between a RIR at a grid point and a displacement r(n) − r g , the recorded signal can be described as 
The matrix A has block structure
with Φ u ∈ R M ×M being a diagonal matrix concatenating the interpolation coefficients of all M measurements for the u-th RIR on the grid G. S is the convolution matrix of the source signal.
Due to the size of A, a direct solution of (4) is not feasible. Fortunately, when using a pseudo random excitation signal with perfect autocorrelation [16, 17] , (4) can be reformulated to A having a block structure [13] . This allows a decoupling of the time dimension from A. This transformation reduces the problem into L smaller problems, with 1/L number of unknowns. Since these problems can be solved independently, this huge reduction of the computational cost makes the whole procedure applicable to bigger grids.
RIR RESHAPING
For the reshaping method from [8] the RIRs c (i) (n) of length L c from a loudspeaker to the i-th position in space have to be known. With the prefilter h(n) of length L h , the overall impulse responses are given by
The reshaping is carried out accordingly to the desired and unwanted parts of the RIR, which are defined using the windows w d (n) and w u (n). The desired part is given by g
and analogously for the unwanted part. The prefilter is obtained by solving the optimization problem given by
with
and f u (h) = ||g u || pu , accordingly. N m is the number of target points in the listening area. The vectors g d and g u consists of stacked wanted and unwanted parts of the N m global RIRs. For the solution a gradient based optimization is used [8] .
In contrast to the least-squares methods [2, 3] , with large values for p d and p u (typically between 10 and 20), a very smooth shaping, with no outliers, can be achieved.
EXPERIMENTS AND RESULTS
The experiments were performed on simulated data, so the ground truth was available. Here, we used the same setup as in [13] , which means a listening area of 0.12m × 0.12m in a typical sized office room. The RIRs were simulated using the shoe box model as in [18] . The lengths of the RIRs were 1000 taps at a sampling frequency of 8 kHz. the excitation signal was an MLS sequence of length 1023. The measurement trajectory was a Lissajous figure with a ratio of 33/32 covering the whole listening area. The reconstruction was performed using a Lagrange interpolator . A direct solution of (4) for this setup would require to solve at once for 1.69 · 10 5 unknowns. With the decoupling method from [13] this problem was reduced to one thousand of independent 169 × 169 systems. To simulate real measurements, the additive noise in (3) was set to be white and have an SNR of 40 and 60dB respectively. These values represent a typical and a quiet office room.
With a grid size of 1cm, 169 RIRs have been recovered. In the following, two experiments using these RIRs will be discussed. In the first one, the general feasibility of the measurement method will be tested. In the second experiment the spatial robustness will be examined.
The quality of reconstruction will be evaluated using the nPRQ measure form [8] , which calculates the overshoot above the temporal masking curve being above −60dB of the main peak g os (n) = max 
Lower values indicate less reverberation, and a value of zero means no audible echoes.
Experiment 1
The first experiment was performed on single points in the listening area. Here, the reconstructed RIRs for both noise levels are compared to the reference. In Fig. 2 , a typical situation is shown. For reference, in Fig. 2 (a) , the measured RIR is shown in black on a logarithmic scale with the temporal masking curve in red. In this situation we have quite high reverberation with a lot of audible echoes. Note that in [6, 8, 12] , usually lower levels of reverberation have been used. The reconstructed RIRs for both noise levels (60dB and 40dB) are reconstructed with a relative error of around 41dB and 21dB, respectively. Even on the logarithmic scale they look virtually the same and are not shown explicitly.
In Fig. 2 (b) the overall RIR g(n) is shown for the case when the equalizer is designed using the reference RIR. The reshaping was able to lower the nPRQ measure by about 2.7 as shown in Table 1 . The overshoot above the temporal masking curve is roughly the same for all time points. The audible result is less reverberation.
In Fig. 2 (c) the equalizer has been designed on the measured RIR with the noise level of 60dB. The graph shows the result when applied on the reference RIR. While the overshoot is not as smooth as in the previous case, the reshaping is still successful. The reduction of the nPRQ is 2.6 and almost as good as for the reference.
In Fig. 2 (d) the result for the noise level of 40dB is shown. Here, the reshaping is still able to lover the reverberation, but the overshoot is not smooth and is higher than in the previous case. The improvement in terms of nPRQ is only 1.7.
This experiment confirms, that the new dynamic measurement of RIRs is able to provide RIRs which can be used for reshaping. In order to get satisfactory results a good control of the measurement noise is needed. 
Experiment 2
In the second experiment we examine the spatial robustness. At first, we again calculate an equalizer for a single point. By applying it to the whole volume, we can examine the improvement and deterioration inside the listening area. In Fig.  3 (a) the results are shown. Here, the image shows a color coded difference to the non-equalized volume. Blue indicates improvement; green shows no change, and red color means deterioration. This single channel result is comparable with previous works, and again indicates the eligibility of the new measurement method. In Fig. 3 (b) an array of 5 × 5 RIRs, which corresponds to an area of 4cm×4cm, has been equalized. Here, the equalization is not as successful in terms of nPRQ, but the equalized area has been significantly increased. Additionally, the dete- rioration in the other parts has been reduced. As the extended area comes at the cost of worse performance at the center, it is not feasible to equalize the whole listening area, when there is only one loudspeaker available. Still, when tracking is available, as it is already needed for the measurement with the dynamic microphone, the area of interest can be freely moved in the listening area by using precalculated equalizers for the different positions.
SUMMARY
In this work we combined a new dynamic method for measurement of impulse responses using one moving microphone with the computation of equalizers based on the properties of the human auditory system. With this simple setup of one loudspeaker and one microphone, arbitrary parts of the listening area could be equalized. With precalculated equalizers and an appropriate tracking system, this allows for head movements in a hands free communication system.
